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FOREWORD 

This Indian Standard was adopted by the Bureau of Indian Standards, after the draft finalized by the 
Non-destructive Testing Sectional Committee had been approved by the Metallurgical Engineering Division 
Council. 

Signal processing and analysis are being used extensively in non-destructive testing and evaluation. These methods 
augment the conventional testing methods by increasing their sensitivity and flexibility. A short glossary of 
terms used in signal analysis, specific to discrete data, for non-destructive testing has been prepared. Mathematical 
expressions specific to continuous signals have not been included. Terms commonly used in signal analysis have 
been included, with the non-destructive testing professionals in view. Clarity, simplicity and physical significance 
have been given preference over mathematical rigor. Mathematical formulations have been included wherever 
they aid in improving the understanding. 

The terms are listed in alphabetical order followed by the definition. 

The glossary of symbols used in this standard is given at Annex A. 

For the purpose of deciding whether a particular requirement of this standard is complied with, the final 
value, observed or calculated, expressing the result of a test or analysis, shall be rounded off in accordance 
with IS 2 : 1960 'Rules for rounding off numerical values (revised)'. The number of significant places 
retained in the rounded off value should be the same as that of the specified value in this standard. 
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Indian Standard 

GLOSSARY OF TERMS FOR SIGNAL ANALYSIS 
RELATED TO NON-DESTRUCTIVE TESTING 



1 SCOPE 

This standard defines the terms related mainly to signal 
analysis related to non-destructive testing. 

2 TERMS AND DEFINITIONS 



Acquisition, Data — Data acquisition is a process of 
collecting and storing signals, for further 
processing. 

Aliasing — It is a phenomenon by which an analog 
signal when sampled below the Nyquist rate of 
sampling, the information about the frequency 
components higher than Nyquist frequency are lost and 
also these higher frequency components take on the 
identity of lower frequency components. 

Amplifier — A device, which increases the voltage 
or power level of a signal, introducing as minimum a 
distortion as possible to the signal. 

Amplifier, Lock-in — It is a selective kind of voltmeter 
based on detection by cross correlation for measuring 
a d.c. or very slowly varying signal embedded in an 
independent noise. 

Amplitude — The instantaneous value of a signal at 
any given time. 

Amplitude, Peak — The maximum value of a signal 
within a specified time interval, or over a time 
record. 

Analog-to-Digital Conversion — A process of 
sampling an analog signal at specified intervals of 
time and representing sampled values as sequence of 
numbers. Also it is a process of converting 
each sampled value into binary form, of finite 
resolution, determined by the number of bits per 
sample. 

Analysis, Real-Time — An analysis method where, 
the signals are processed, analysed and evaluated for 
necessary action, as and when they are acquired. 

Attenuation — A phenomenon by which energy is 
reduced when a signal passes through a system/ 
medium. It represents the loss in energy that 
occurs between any two points of travel. This loss may 
be caused by absorption, reflection, scattering, etc. 



Attenuator 

attenuation. 



A device for causing or measuring 



Averaging, Frequency — A process of averaging 
frequency spectra of finite number of successive 
repetitive signals (time records) so that magnitudes of 
corresponding frequencies are vectorially added. 

Averaging, Time — A process of averaging successive 
repetitions of the signal records (time records) so that 
the periodic signals add coherently, while the random 
element is averaged to a small value, by virtue of its 
incoherence. 

B 

Bandwidth — Bandwidth of a signal is the range of 
frequencies bounded by its upper and lower 
cut-off frequencies in the frequency spectrum 
(see also Cut-off Frequency). 

Bias — The bias of an estimate is the difference 
between the estimate mean value and the true mean of 
the estimated values. 



Cepstrum — It is a time function defined as the Fourier 
transform of the logarithm of its power spectral density, 
or modulus square of this transform. 

Clipping — Single bit quantization, in two levels, 
positive or negative so that only the algebraic sign of 
the signal is preserved. 

Cluster — A group or a class of elements having one 
or many common properties. 

Cluster Analysis — Study and extraction of 
information about and from the clusters, so as to classify 
different clusters based on the information obtained 
above. 

Cluster Classification — Grouping of cluster 
elements based on their properties. 

Clustering — A process, in which a set of data is 
organized into groups that have strong internal 
similarity. 

Convolution — A process in which the output signal 
at time V is the weighted sum of past values of die 
input signal x (/). Mathematically, convolution of 
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x («) and h («) can be represented as: 

N-l 
y(n) = I *(n-k)h(k) 
t=0 

Convolution, Circular — Aliasing that can occur in 
the time domain when frequency domain signals are 
multiplied. Each period in the time domain overflows 
into adjacent periods. 

Correlation, Auto — A process, which compares the 
function x (/) at time 7' with its value at time t-x, 
where x is the delay/shift parameter (see also 
Correlation Function, Auto). 

Correlation, Cross — The sum of all products of two 
samples over entire record length, of a signal such that 
the samples are separated by a search parameter 7w'. 
It is expressed as a function of 'm' mathematically: 



R (m) 



I * 

m = -(N-\) 

is an integer. 



(ri) x (n + m), where 7w' 



This can also be viewed as a process which 
characterizes the relationship of one signal x (t) at 
an instant 7' with another signal y (/) at an instant 

7-T'. 

Correlation Function, Auto — The sum of all products 
of two samples over the entire record length of a signal 
such that the samples are separated by a search 
parameter 7n' when expressed as a function of 7n' 
mathematically: 

+ (/V-l) 

R , ("») = Z x («) x (n + m), where 7n ' is 

m = -(,V-l) 

an integer. 

Correlogram, Auto/Cross — A graphical 
representation of the auto/cross correlation function 
with respect to the search parameter 7»\ 

Count, Ringdown — It is the number of threshold 
crossings of a signal, in specified direction, during an 
interval. 

Covariance Function, Auto — It is an auto correlation 
function in which the process variables are replaced 
by the deviation of the process variables with respect 
to their means. Mathematically, this can be expressed 
as: 

c , = 1. [x (ri) - u.J [x (n + m) - u.J 

m = -(N-\) 

Cross-Talk — The unwanted signal leakage 
(acoustical or electrical) across an intended barrier 
such as leakage between the transmitting and 



receiving elements of a dual transducer. Also called 
cross-noise or cross-coupling. 

D 

Damping — It is a process by which the signal 
amplitude is gradually reduced to zero. 

Data — Representation of information in discrete form. 

Data Length — Number of data points per record. 

Decibel — It is the ratio of two values of voltage or 
power expressed in logarithmic scale with a 
multiplication constant 20 or 10, respectively, and is 
expressed as: 

Voltage gain = 20 log (v/v ) 

Power gain = 10 log {pip) 

Decimation — Reducing the sampling rate of a 
digitized signal. It generally involves low-pass filtering 
followed by discarding samples. 

Decimation-in-Frequency — It is a technique used 
for computing Fast Fourier Transform, which divides 
the time sequence into two non-interleaved sequences 
and interleaves the values of the final. 

Decimation-in-Time — It is the technique used for 
computing Fast Fourier Transform, which results in 
two non-interleaved final sequence from the interleaved 
time sequence. 

Deconvolution — A process of expressing the impulse 
response of a linear system in terms of its output and 
the parameters of the input. 

Demodulation — Reconstruction of the modulating 
signal from the modulated signal. 

Detection — A process attempted to extract an useful 
signal from the background noise, which is 
superimposed on it. 

Digital-to-Analog Conversion — This is an inverse 
process of Analog-to-Digital Conversion, where a 
digitized input sequence is transformed into an output 
analog signal. 

Digitization — A process of converting an analog 
signal into samples expressed as such or in discrete 
amplitude. 

Direct Function — Also known as Direct delta 
function, and impulse function. It can be informally 
thought of as a function that has the value of infinity 
at x = 0, the value zero elsewhere and a total integral 
of one. 

Dispersion — See Standard Deviation. 

Distortion — A phenomenon by which the signal 
characteristics are disturbed. 



IS 15775 : 2008 



Distribution, Binomial — It is the statistical law of 
the discrete random variable obtained by counting the 
number of occurrences {k) of an event, during finite 
number of independent trials («). Mathematically, the 
probability of occurrence of 'A' events out of V trials 
is given by: 



where 
event. 



'p' is the probability of occurrence of an 



Distribution, Gaussian - — A random variable is said 
to follow Gaussian distribution if it is an outcome of a 
physical process made up of many component 
processes, none of which is dominant over the other. 
Mathematically, the corresponding probability density 
function can be given as: 



PW = 



1 



V2jio 2 



2a 1 



Distribution, Normal — See Gaussian Distribution. 

Distribution, Poisson — It is a special case of the 
Binomial distribution where the probability of 
occurrence of an event is very small and the number 
of independent trials is large. Mathematically, the 
probability of occurrence of '£' events out on V trials 
is given by: 

P(*,«) = x'^expf-x] 

where V is the mean occurrence of an event. 

Domain — A space in which signal parameters/ 
characteristics can be defined/processed as a function 
of a certain variable of the domain. 

Domain, Frequency — A space where signal 
parameters/characteristics can be defined/processed as 
a function of frequency. 

Domain, Time — A space where signal parameters/ 
characteristics can be defined/processed as a function 
of time. 

Duration, Pulse — It is the time duration for which 
the pulse is above the threshold value. 

Duration, Signal — It is the time duration between 
the first and the last threshold crossings of the 
signal. 

Dynamic Range — It is the difference in decibels 
between the overload level and the minimum signal 
level (usually fixed by noise level or low level 
distortion or interference or resolution level) in a 
system or sensor. 



Ensemble — It is the experimental realization of a set 
of similar signals produced by the same Stochastic 
process. 

Ensemble Averaging — The process of arriving at 
the average value existing at time '/' or discrete variable 
V summed over the ensemble and continued over the 
entire record length. Mathematically: 



A(m) = {MM) 



z 

i=l 



Xi(») 



where 'M is the number of time records. 

Error, Overflow — Error arising in the measuring 
process during acquisition, due to overflow of the 
signal's value, above a predefined level. 

Error, Quantization — Error arising due to finite 
resolution of the sampling process. 

Estimate — It is an outcome found by using 
certain rules or methods (also called 'estimators'), or 
known variables. 



Filter — A device that minimizes any undesired 
components in the input signal so as to deliver a 
signal with desired properties. 

Filter Bank — A group of filters connected in series 
or parallel or both, wherein one or more can be chosen 
at will. 

Filter, Anti-aliasing — An ideal low-pass filter with 
a bandwidth of the Nyquist frequency. 

Filter, Auto-Regressive — A digital filter whose every 
sampled output depends on a finite number of past 
output values and the present input value: 



y(») 



M 

-(»/«.)[ E 



a k y (»-*)] + b o x{n)/aJ 



Filter, Auto-Regressive Moving Average 
(ARMA) — A digital filter having the properties of 
both auto-regressive filter and moving average filter 
{see Auto-Regressive and Moving Average). The 
general equation is given by: 



y(«) = (l/ flo )[E b k X{n 
* = 



*) 



- E <\y{n- 



*)] 
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Filter, Band-Pass (Ideal) — A filter whose output 
is unchanged for input frequencies above its lower 
cut-off frequency and below its upper cut-off 
frequency, removing other frequencies. The range of 
frequencies between the lower and upper cut-off 
frequencies is called the pass band. 

Filter, Bessel — It is a class of low pass filters 
characterized by the property that the group delay is 
maximally flat at the origin of the 5-plane. 

Filter, Butterworth — It is a class of low pass filters 
characterized by the property that the magnitude 
characteristic is maximally flat at the origin of the 
S-plane. 

Filter, Chebyshev — It is a class of low pass filters 
characterized by the property that over a prescribed 
band of frequencies the peak magnitude of the 
approximation error is minimized. 

Filter, Digital — A system that accepts a digital 
signal as its input and outputs a digital signal with 
desired properties. 

Filter, Elliptic — It is a class of low pass filters 
characterized by the magnitude response, that is. 
equiripple in both the pass band and stop-band. 

Filter, Finite Impulse Response (FIR) — An auto- 
regressive filter whose duration of impulse response is 
finite. 

Filter, High-Pass (Ideal) — A filter whose output is 
unchanged for input frequencies above its cut-off 
frequency, removing the frequencies below the cut-off 
frequency. 

Filter, Infinite Impulse Response (IIR) — An auto- 
regressive filter whose duration of impulse response is 
infinite. Also called a recursive filter. 

Filter, Low-Pass (Ideal) — A filter whose output is 
unchanged for input frequencies below its cut-off 
frequency, removing the frequencies above the cut-off 
frequency. 

Filter, Matched — This is a particular case of a 
linear filter designed to optimize the signal to noise 
ratio, when attempting to detect a signal of 
known shape and duration embedded in background 
noise. 

Filter, Moving Average — A filter whose output 
depends only on present input and a finite number of 
past values of the input. Mathematically, this is 
expressed as: 



y(«) = (i/o„) [i 6 k x („_*)] 



* = 



Filter, Non-recursive — See FIR Filters. 

Filter, Recursive — See IIR Filters. 

Filter, Smoothing — A filter, which removes the 
unwanted random roughness in the signal caused 
by such as noise. 

Filter, Stop-Band — A filter whose output is 
unchanged for input frequencies below its lower 
cut-off frequency and above its upper cut-off 
frequency, removing other frequencies. 

Fourier, Coefficients — Coefficients of the individual 
components of a Fourier series. For a continuous 
time signal of duration T ', its kh coefficient 
(harmonic) is given by: 

x (*) = (1/7) J x (0 exp (-j2p k t IT) dt 



Fourier Magnitude Spectrum — A plot of the 
Fourier coefficients representing the magnitude of 
the harmonic components (Fourier components) of a 
time signal as a function of its frequency content. 
[See also Spectrum (amplitude) and Spectrum 
(phase)]. 

Fourier Series — A representation of any periodic 
time signal in terms of its basic cosine and sine 
components. Mathematically, the series can be 
expressed as: 



*(') = E x (k) exp Q2n ktIT) 
k = 

Fourier Transform — A transformation, which 
converts time domain data into frequency domain 
data, resulting in amplitude and phase distribution 
with respect to frequency. Alternately, it is a function, 
which describes the amplitude and phase of each 
sinusoidal component. 

Fourier Transform, Discrete — A Fourier transform 
of discrete time domain data into discrete frequency 
domain data. The expression is given as: 

N-\ 

X (A) = I x («) exp (-j27t nklN) 

n = 

Fourier Transform, Fast — An algorithm used to 
compute discrete Fourier transform using minimum 
memory space and time, for computation. 

Fourier Transform, Inverse — A reverse process of 
Fourier transform, to convert frequency domain data 
into the original time domain data. Mathematically, 
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the expression is given by: 



N-l 

x(«) = (1/jV) I X (*) exp QlnnklN) 

* = o 

Frequency — It is the rate at which a periodic signal 
repeats itself. 

Frequency, Aliasing — Aliasing describes the effect 
of undersampling during digitization which can 
generate a false (apparent) low frequency for 
signals. Aliasing can be avoided by an antialiasing 
(analogue) low-pass filter, before sampling. The 
term anti-aliasing is also in use for a posteriori signal 
smoothing intended to remove the effect. 

Frequency, Cut-Off (Lower and Upper) — The 

values of frequencies (Lower and Upper) at which the 
voltage gain of the filter is down by 3db from its 
maximum value in the pass band. Among these, the 
lower frequency is called the lower cut-off frequency 
and the upper one, the upper cut-off frequency. 

Frequency, Folding — See Nyquist Frequency. 

Frequency Response — A complex function, which 
defines the operation of a linear system as a 
function frequency. 

Function Coherence — Coherence function is a 
frequency domain function which is a measure of the 
output signal power portion, at frequency '/ that is, 
due to the input signal. This function indicates, when 
its value is not unity, either the existence of additional 
noise, a nonlinear relationship between the input 
[x (/)] and output [y (t)] , or that [x (/)] does not depend 
upon excitation of [y (r)], solely. The expression for 
coherence function is given by: 



C (*) 



*„(*> 



iS(*)||S(*)j 



Function, Demodulated Auto Correlation — The 

logarithm of the square of the auto correlation 
function. 

Function, Direct Impulse — A function whose 
integral with respect to time tends to unity as the 
duration of the function ' T ', tends to zero. 

Function, Even — Any function whose value is not 
altered both in sign and magnitude when the sign of 
the independent variable is reversed. 

Function, Odd — Any function whose value is not 
altered in magnitude but changes sign when the sign 
of the independent variable is reversed. 



Function, Orthogonal — A function that gives a 
finite value for the weighted average of the product of 
sine and sine or cosine and cosine components, if 
their frequencies and phase shifts are identical and 
given a null result otherwise. 

Function, Probability Density — A function which 
indicates how likely the dependent variable (described 
by say, V) is found in the band, say y at a location y, 
in the overall signal record. 

Function, Probability Distribution — It is that 
function, that gives the area under the probability 
Density function [p (x)] curve from minus infinity to 
value of interest, say V. 

Mathematically expressed as: 



PW = J p (x) dx 



Function, Sine — It is the ratio of sine function to its 
argument, given by: 

Sine (x) = [sin (n x)]/(rt x) 

Function, Transfer — Transfer function of a system 
is the frequency response of that system, relating, 
the input and the output in the frequency 
domain. 

Function, Windowing — It is a finite weighting 
sequence w («), multiplied with the finite sequence 
x (n), so as to minimize the effect of Gibb's 
phenomenon. 

FWHM — Full Width at Half-Maximum. A measure 
of the width of a peak in a signal. Usually used 
with Gaussian functions. The width of the 
distribution function is measured at half of the peak 
amplitude. 



Gain — It is the ratio of the output voltage level to the 
input voltage level, expressed in decibels. 

Gate — It is a rectangular window of adjustable length 
and position. 

Ghost — An indication arising from certain 
combinations of pulse repetition frequency and time 
base frequency. 

Gibb's Phenomena — The limitation of a Fourier 
series to converge at discontinuities. 

Group Delay — Group delay of a filter is a measure 
of the average delay of the filter as a function of 
frequency. 
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H 

Hilbert Transform — Hilbert Transform of a function 
x («), is the function's convolution with l/nn. 

N-l 
H(») = I x(«-*)(l/Jt*) 
* = 



Impulse — See Direct Function. 

Impulse Response — Total response of a system to 
Direct impulse function, expressed as a weighting 
function, h (/)■ 

Interleaving — In the case of repetitive signals, 
sampling of the waveform can be done over many 
periods by taking a certain sample point from each 
repetition and then combining them into one sample 
series. 

M 

Mean — Average of a set of numerical data. 

Method, Maximum Entropy — It is a non-linear 
spectral estimation method in which among all 
the spectra, which are consistent with the limited 
available data, the spectrum corresponding to a 
random signal of maximum entropy (informational 
entropy) is selected. 

Modulation — A process, in which a primary signal 
called the modulating signal, modifies an auxiliary 
signal called the carrier to create a secondary or 
modulated signal. 

Modulation, Amplitude — A modulation in 
which the amplitude of a carrier varies as a function of 
the modulating signal. Mathematically represented 
as: 

y(0 = [l+a x (0]cosaw 

Modulation, Frequency — A modulation in which 
the frequency of a carrier varies as a function of 
the modulating signal. 

Modulation Phase — A modulation in which the 
phase of a carrier varies as a function of the 
modulating signal. 

Modulation, Pulse Code — A modulation where an 
analog signal is coded into a pulse. 

N 

Noise — A signal having no relevant and desirable 
information. 



Noise, Background — The extraneous signals caused 
by random signal sources within or exterior to the 
testing system. 



Noise, Broadband 

is wide. 



A noise whose power spectrum 



Noise Flicker — It is a Stochastic process whose 
power spectral density varies inversely with 
frequency. 

Noise Gaussian — A noise whose amplitude values 
follow a Gaussian distribution, over a long period of 
time. 

Noise Random — A noise whose amplitude 
distribution follows no known distribution. 

Noise, White — It is a Stochastic process whose 
power spectral density is constant for any value of 
frequency. 

Nyquist Criteria — In order to avoid aliasing, any 
signal should be sampled during the process of 
digitization, at a rate at least twice the Nyquist 
frequency. 

Nyquist Frequency — Nyquist frequency is the 
highest of the individual frequency components 
present in any signal (also called folding frequency), 
which may be accurately sampled without 
aliasing. 

Nyquist Rate — It is the sampling rate, which is twice 
the Nyquist frequency. 



Offset Value — Level by which every data point is 
increased or decreased. 



Peak-to-Peak Value — The level difference between 
the maximum positive and the maximum negative 
amplitudes of a signal, within an interval. 

Parsaval's Theorem — The total power contained in 
the Fourier spectrum of a signal equals to that in the 
signal itself: 



/ I x (/) | dt = / I x (/) | df 

Pattern Recognition — It is the categorization of 
input data into identifiable classes, via the extraction 
of significant features of attributes of the data 
from a background of irrelevant detail. 

Phase — A relative position of observation of a signal 
with respect to a reference point. 
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Phase Angle — The value of phase expressed in 
terms of degrees, radians or gradients. 

Phase Difference — The temporal shift observed 
between two signals expressed in terms of a phase 
angle. 

Power Spectral Density — See Power Spectrum. 

Power Spectrum — The power spectrum is the 
distribution of energy content of a signal record, say 
x (n), with respect to its frequency content. Alternately, 
the power spectrum is the Fourier transform of the auto 
correlation function. Or, power spectrum can be defined 
as the self-conjugate product of its Fourier Transform 
x (k). Mathematically expressed as: 



Rise Time (Pulse) — It is the time taken for the pulse 
to reach from 10 to 90% of its peak amplitude. 

Rise Time (Signal) — It is the time duration 
between the first threshold crossing and the peak of 
the signal. 

Root Mean Square (RMS) Value — The positive root 
of the mean square value of a signal record. It is a 
measure of the power content of a signal record. 
The root mean square value is given by the 
expression: 



V(l/W) 



N-l 

E 

n = 



x(„)i 



SJk) = x(*)x(*) 

Power Spectrum, Auto — See Power Spectrum. 

Power Spectrum, Cross — This is the Fourier 
transform of the cross-correlation function of two 
signals, say x (n) and y («). Alternatively, cross power 
spectrum is the conjugate product of the Fourier 
Transforms x (k) and y (k) of the two signals x («) and 
y («)■ Mathematically, the cross power is expressed as: 



SJL*) 



x(k)y(k) 



Process, Ergodic — It is a Stochastic process 
exhibiting identical statistical averages and time 
averages of the same degree and order. 

Process, Random — A process whose outcome can, 
be predicted only in a probabilistic manner using 
statistical laws. 

Process, Stationary — It is a Stochastic process whose 
all statistical properties are time invariant. 

Process, Stochastic — See Random Process. 



R 



Rate, Pulse Repetition — It is the rate at which the 
transmitting pulse is generated or applied to any system 
or probe. 

Record Length — The number of data points used to 
represent a record. See Data Length. 

Resolution — The interval between successive 
sampling instances or the successive levels of signal 
amplitude. 

Rise Time (Instrument) — For an ideal square wave 
input, the instrument rise time is the time taken by 
any measuring instrument to reach from 10 to 90% of 
the maximum value of its output. 



.S-Plane — It is a complex plane where the frequency 
response of a system is evaluated. 

Sample-and-Hold — A process in which the 
instantaneous value of a signal is sampled and is 
stored in analog form. 

Sampling — Sampling is a process of examining a 
continuous function of time or any other 
independent variable, at equal intervals of the 
independent variable. 

Sampling Frequency — See Sampling Rate. 

Sampling Rate — Number of samples examined at 
specified intervals per unit time. 

Sequency — One half of the average number of zero 
crossings per unit time interval. 

Signal — An electrical quantity or any other 
physical quantity which provides information on 
the presence or change of a physical phenomenon. 

Signal, Analog — A signal which is characterized by 
continuous amplitude and time rather than pulsed or 
discrete nature. 

Signal Analysis — A process of attempting to 
isolate the main components of interest of a signal of 
complex shape in order to understand its nature and 
origin better. 

Signal, Analytic — A complex function, whose 
Fourier transform is the unilateral form of the Fourier 
transform of its real part. 

Signal, Bandlimited — Signal whose frequency 
components are limited to a certain range of 
frequencies. 

Signal, Bounded — All physical signals whose 
amplitude cannot exceed certain limit (often enforced 
by electronic processing devices). 
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Signal, Causal — A signal is said to be causal if 
its amplitude is zero, for any time 't' less than zero. 

Signal, Deterministic — It is a signal, which is 
characterized by an evolution, that is, perfectly 
predictable by an appropriate mathematical 
model. 

Signal, Digital — An ordered sequence of 
numbers generated by sampling a continuous time 
(analog) waveform at discrete time intervals. 
Alternatively, a Digital Signal is one, which is 
characterized by discrete amplitude and discrete 
time, represented by a sequence of numbers 
(digits). 

Signal, Discrete — See Digital Signal. 

Signal, Energy — Energy of a signal over a period of 
time is the integral value of the square of the signal 
amplitudes. 

Signal, Ensemble — A set of time histories when each 
of them is referenced to an identical commencement 
of time. 

Signal, Non-causal — A signal which has non-zero 
value for at least one instant of time 'f where 't' is 
less than zero. 

Signal, Non-periodic — It is a signal which does not 
obey a regular cyclical repetition law, with a period. 

Signal, Periodic — It is a signal, which obeys a regular, 
cyclical repetition law, with a fixed and finite 
period. 

Signal Processing — It is a techni r discipline which, 
based on the methods and sig iRd information 
theory, deals with the elaboration or interpretation of 
signals carrying information with the resources of 
electronics, computer engineering and applied physics. 

Signal, Random — It is a signal, which has 
unpredictable behaviour and can generally be 
described only through statistical observations. 

Signal Record — See Time History. 

Signal, Quantized — A signal, which is characterized 
by discrete amplitude and continuous time. 

Signal, Sampled — A signal, which is characterized 
by continuous amplitude and discrete time. 

Signal Synthesis — It is the opposite operation of 
signal analysis consisting of creating a signal with 
desired properties by combining a set of elementary 
signals. 

Signal-to-Noise Ratio — It is a measure of extent of 
signal contamination by noise. 

Signal, Transient — A causal deterministic short- 



lived signal, which decays to zero value, after a finite 

length of time. 

Signum — It is a function of time, such that its 

value is equal to -1 for time less than zero, and +1, 

otherwise. 

Spectrum — Distribution of a certain characteristic 
parameter of interest of a signal, with respect to its 
frequency content. 

Spectrum, Amplitude — Distribution of amplitude 
information of a signal with respect to its frequency 
content. 

Spectrum, Continuous— A spectrum which contains 
a continuous range of frequency components, whose 
values are however finite. 

Spectrum, Crosspower Autopower Difference — 

It is the difference between the crosspower 
(normalized to unit energy) of two signals (one called 
the reference signal and the other test signal) and 
the autopower (normalized to unit energy) of the test 
signal. 

Spectrum, Fourier — Distribution of Fourier 
coefficients of a signal with respect to its frequency 
contents. 

Spectrum, Line — A spectrum in which the number 
of frequency components and their values are finite 
and discrete and are located at precise positions on the 
frequency axis. 

Spectrum, Phase — Distribution of phase information 
of a signal with respect to its frequency contents. 

Standard Deviation — The square root of the average 
of the squares of the instantaneous deviations about 
the mean value of the signal record. Mathematically, 
it is expressed as: 



A'-l 



a = V [l!(N- I)] [ Z x(«)-n x ) 2 ] 

n = 

System, Stable — A system where for a bounded 
input sequence the output sequence is also bounded. 
Also for such a system its impulse response has 
finite energy. 



Threshold — It is a voltage reference level, crossing 
which a signal is detected for further process or 
operation. 

Time, Dead — It is any interval during data 
acquisition when the instrument or system is unable 
to accept new data, for any reason. 

Time History — A continuing but finite-length 
record of a process 'point' {see also Signal Record). 
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Trigger Level — It is that voltage level of a signal or 
an external input, to an instrument, which determines 
the instant at which data acquisition starts. Data 
acquisition may start at the instant, or a finite time 
before (pre-trigger) or a finite time after (delay) the 
voltage (of the signal or external input) crosses the 
above preset voltage level. 



Variance — A measure of scatter of a set of data, 
about its mean value and is described as the mean 
square about the mean, alternately, variance of a 
random variable is the central moment of second 
degree. Variance is mathematically expressed as: 



Window, Hamming — It is a class of finite weighting 
functions W («) operated on a time record, expressed 
as: 

W («) = a + (1 - a) cos (2 nn/A 7 ) 

for all n, greater than '0' and less than 'N - 1', and 
zero elsewhere, where 'a' assumes a value between 
zero and unity. Generally, a = 0.54. 

Window, Hanning — It is special case of Hamming 
window, where a = 0.50. 

Window, Rectangular — It is a windowing 
function where w (») =1, for all for integers from to 
(N- 1), 'A" being the data length. 



N-l 
(1/N) E [x(«)-uj 2 
n = 

w 

Wavelet — A waveform which is bounded in both 
frequency and duration. 

Wavelet Transform — It converts a signal into a 
series of wavelets. 



Z-Plane — It is a complex plane in which the 
Z-transform of a signal is studied. 

Z-Transform — Z-transform is the generalization of 
the Fourier transform such that, these two transforms 
are identical on the unit circle; Unit circle is a circle of 
unit radius in the complex plane centred at (0,0) 
- Mathematically expressed as: 

N-l 

X(z)= I x(«)z* 
« = 



ANNEX A 

(Foreword) 

GLOSSARY OF SYMBOLS USED IN THE REPORT 
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x(0,y(0 


Continuous time functions 


A (n) " iirt i 


x(«) 


Input discrete signal 




y(») 


Output discrete signal 


X(A),Y(*),X(/) 


h(«) 


Impulse response 


S „ 


M") 


Cross-correlation function 


s ,> s , 


X 


Time delay 


C„(A) 


p 


Power 




V 


Voltage 


P 





Standard deviation 




X 


Mean 


N, M, n, k, m, I 


Integers; number of time 


T 




records; Data length 


H(n) 


I,k,n 


Indices for summation 


W(«) 


pW 


Probability density function 


X(z) 


P(x) 


Probability of occurrence of 


C 

X 




events 


R 


p (M 


Probability of occurrence of'*' 


« 




events in '»' trials 


2 



Ensemble average 
Constants 
Fourier coefficients 
Crosspower of two signals 
Autopower of a signal 
Coherence function 
Carrier wave frequency 
Reference power 
Reference voltage 
Signal duration 
Hilbert transform 
Windowing function 
Z-Transform of a signal 
Auto-covariance function 
Auto-correlation function 
Complex variable 
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